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(54) Symbol synchronization and sampling frequency adjustment in an OFDM receiver 



(57) An OFDM receiver determines (12; 27) the 
pulse response of a radio channel and locates (13; 14) 
its starting point, end point and the maximum and its 
value. The difference between the end point and the 
starting poirit gives the length of the pulse response! A 
guard interval time corresponding to the guard interval 
separating the OFDM symbols is set (17; 18) in the 
receiver in such a manner that it covers the most signif- 



icant components of the pulse response. A slow and 
monotonous, temporal shift of the pulse response 
between measurement rounds indicates an error in the 
sampling frequency. The error is corrected (23; 31) in 
such a manner that the pulse response shift is compeh- ~ 
sated for. 
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Description 

The invention relates in general to the adjustment of 
reception characteristics in an apparatus receiving 
radio-frequency transmissions and in particular to the s 
automatic adjustment of timing and sampling frequency 
in an apparatus that receives OFDM modulated trans- 
mission. 

Orthogonal frequency division multiplex (OFDM) 
refers to a modulation method where the transmitting 10 
device divides and attaches the transmitted signal to 
several subcarriers which are located on the frequency 
axis at regular intervals on a certain frequency band 
and which are sent simultaneously. Known radio-fre- 
quency communication systems that employ OFDM 15 
modulation include the DAB (Digital Audio Broadcast- 
ing) and DVB (Digital Video Broadcasting) systems. The 
former is specified in general outline in the ETS 300 401 
standard by the European Broadcasting Union (EBU) 
and the European Telecommunications Standards Iristi- 20 
tute (ETSI), and the latter is specified in general outline 
in the prETS 300 800 draft standard by the same organ- 
isations. In these systems, a section of a digital signal to 
be transmitted on a certain subcarrier is encoded into 
phase and/or amplitude changes with respect to a cer- 25 
tain known phase. That time slice of the transmitted sig- 
nal Wringwtiich the modulating phase^tate inconstant 
separately at each subcarrier frequency is called a 
OFDM symbol, or a symbol in short 

In order for the receiving device to be able to cor- 30 
rectly interpret the phase changes on the different sub- 
carriers, the transmitter must include a certain phase 
reference in the signal. In the DAB system, the transmit- 
ted signal is divided into 24-ms or 96-ms frames, 
depending on the transmission mode, and each frame 35 
has a phase reference symbol at the beginning (after 
the null symbol) which indicates the phase reference 
simultaneously to all subcarriers. In the DVB system, 
the. phase reference is included in the so-called pilot 
channels which are found in each symbol at intervals of 40 
twelve subcarriers. 

Successful OFDM reception requires that the 
receiver maintains the correct symbol . synchronisation 
and sampling frequency. Symbol synchronisation 
means that the receiver knows at which point of time .45 
each symbol begins and times the symbol detection 
correspondingly. Sampling frequency refers here to the 
frequency at which the A/D converter in the receiver 
takes samples from the received analogue oscillation in 
order to convert the signal into digital form, whereby the so 
A/D converter and subsequent circuits can interpret to 
which bits or bit combinations in the digital data f tow the 
signal phase changes refer. In addition, the receiver has 
to maintain frequency synchronisation, i.e. to tune the 
reception and mixing circuits so that the detected fre- 55 
quency band covers all subcarriers of the OFDM signal 
at an accuracy which is less than half of the difference 
between two adjacent subcarriers. Maintaining the syrrh 



bol synchronisation, sampling frequency and frequency 
synchronisation is especially difficult if the transmitter 
and receiver are moving with respect to each other. The 
receiver may be located in a car, for example, and as the 
car moves around in an urban environment, the propa- 
gation path of the radio signal changes constantly, 
resulting in attenuation and reflections. The receiver 
may also be located in a satellite, and as the satellite 
moves, the speed difference between the receiver and 
the satellite changes, being possibly up to several kil- 
ometers per second. 

A method is known from Finnish Patent Applica- 
tions No. 962138 "Vastaanottimen tahdistuminen jou- 
totilassa" and No. 962139 "Signaalin haku erSSssa 
satelli(ttipuhelinj3rjeste!massa n to produce and maintain 
symbol synchronisation and frequency synchronisation 
in a radio system that does not use OFDM modulation. 
The method is based on the fact that a received signal 
includes on a certain control channel a synchronisation 
sequence comprising bits in succession and a fre- 
quency information part which contains a short duration 
of pure sine wave at a desired frequency. The synchro^ 
nisation sequence belongs as part of the rest of the sig- 
nal to a higher-power burst, and the receiver gets the 
coarse frame synchronisation just by monitoring the 
highest received power peaks. In the finer synchronisa- 
tion, th e 7eceiver~calcUIat B^how~the" various" timing" 
errors affect the detection of the synchronisation 
sequence and deduces how the timing of the sampling 
should be corrected to make the received synchronisa- 
tion sequence match better with the known format of the 
synchronisation sequence. Frequency fine-tuning is 
performed by calculating for a discrete Fourier trans- 
. form from the received frequency information part and 
by tuning the reception and mixing frequencies so that 
the peak of the frequency error spectrum yielded by the 
Fourier transform is as close to zero as possible. In 
addition, the receiver monitors how the timing and fre- 
quency parameters change and predicts from them the 
required corrections while in idle state, i.e. receiving 
only occasionally. 

The prior art method described above is not suita- 
ble to be used as the synchronisation method for an 
OFDM receiver since an OFDM modulated signal does 
not include separate synchronisation sequences or fre- 
quency information parts like the control channel signal 
of the l-CO Global Communications system described 
in said patent applications. There exists no efficient 
prior art method for maintaining the symbol synchroni- 
sation, sampling frequency and frequency synchronisa- 
tion in an OFDM receiver. 

An object of the invention is to provide a method 
and an apparatus for adjusting the symbol synchronisa- 
tion and sampling frequency in an apparatus receiving 
OFDM modulated transmissions. A particular object of 
the invention is that the method according to the inven- 
tion will not require an unreasonable high computing 
capacity or special components that are difficult to pro- 
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duce, so that the apparatus implementing the method 
be suitable for large-scale mass production. 

The objects of the invention are achieved by using 
known parts of the received signal to calculate an 
instantaneous pulse response for the radio channel and 
by comparing changes in the pulse response with pulse 
responses calculated earlier and by correcting the syn- 
chronisation and sampling frequency in order to com- 
pensate for the changes in the pulse response. 

The method according to the invention is character- 
ised in that it comprises steps wherein 

an pulse response is .determined for the radio chan- 
nel on which the receiver is receiving the OFDM 
signal in question, and 

the guard interval time is set in the reception such 
that it coincides with the most significant compo- 
nents of the pulse response corresponding to one 
symbol. 

The invention is also directed to a receiver^appara- 
tus which is characterised in that it comprises 

means for determining the instantaneous pulse 

response for the radio channel, 

a synchronisable A/D conversion circuit the opera- 

tiorTof which includes cyclically repeated~guard 

interval time and information time, and 

means for driving said A/D conversion circuit to a 

state in which said guard interval time covers the 

period of time of the calculated pulse response that 

includes the most significant components of the 

pulse response. 

The invention is based on the utilisation of time- 
domain correlation, characteristics 6f the reference sig- 
nal in an OFDM transmission. In the DAB system, the' 
reference signal means a phase reference symbol, and 
cross-correlation between the received format and the 
known -format of that symbol yields the instantaneous 
pulse response. In the DVB system, the pulse response 
is estimated from scattered pilot subcarriers for four 
consecutive symbols. The required changes in the sym- 
bol synchronisation and sampling frequency can be 
deduced by monitoring how the pulse response 
changes from a measurement to another. The symbol 
synchronisation is preferably set so that the guard inter- 
val between the symbols coincides with the beginning of 
the correlation function representing the pulse 
response. 

A sampling frequency error shows as a slow and 
monotonously continuous shift of the maximum of the 
correlation function representing the pulse response. By 
correcting the sampling frequency the receiver attempts 
to eliminate said change. 

The invention is described in more detail with refer- 
ence to the preferred embodiments, presented by way 
of example, and to the attached drawing, where. 



Fig. 1 shows how a certain signal is sam- 

pled in a known manner; . 

Fig. 2 shows a known absolute value of the 

auto-correlation function of the 
s phase reference symbol in the DAB 

system, 

Fig. 3 shows a known absolute value of the 

auto-correlation function determined 
from the pilot subcarriers in the DVB 
10 system, 

- Figs. 4a arid 4b show certain timing situations in the 
symbol reception, 
Fig. 5 shows the flow chart of the method 

according to the invention for cor- 
15 recting the symbol synchronisation, 

Fig. 6 shows the flow chart of the method 

according to the invention for cor-, 
recting the sampling frequency, and 
Fig. 7 shows the block diagram of . the 

20 receiver according to the invention. 

Determining the radio channel's pulse response in 
the receiver is a procedure known in the prior art! As far ' 
as the invention is concerned, it is in fact irrelevant how 

'25 the pulse response is determined, but in order to pro- 
vide sufficient background information for the invention 
we will below describ^oh^llu^rative method for calcCF" 
lating the pulse response. This method for calculating 
the pulse response is based on the temporal cross-cor- 

30 relation of a certain received signal part and its known 
format. Temporal cross-correlation of two signals gener- 
ally refers to the accuracy with which the signals yield 
the same values at certain moments of comparison. 
The correlation can be calculated using a known algo- 

35 rithm. - 

Fig. 1 shows, how a certain signal is sampled in a 
known manner for calculating the cross-correlation. The 
horizontal axis in the figure represents time t and the 
vertical axis schematically depicts the signal's ampli- 

40 tude A. Curve 1 represents a certain part of the received 
signal, and the receiver has prior knowledge as to the 
supposed format of said signal part An A/D converter in 
the receiver takes samples of the signal at regular inter- 
vals, described by vertical lines in the figure. The first 

45. sample sequence 2 comprises the samples that begin 
from a certain first sampling location 2a and are distrib- 
uted at regular intervals over a time span which corre- 
sponds to the temporal duration of the known signal. As 
the receiver cannot be sure about the exact beginning of 

so . the known signal, it takes a second sample sequence 3, 
which begins one sample later at location 3a and lasts 
one sample longer. The figure also shows a third sam- 
ple sequence 4 which begins at location 4a. There can 
be as many sample sequences as the receiver is capa- 

55 ble of processing with its memory and processing 
capacity. 

' The signal format known to the receiver is stored as 
samples in the receiver's memory. To calculate the 
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cross-correlation the receiver multiplies, sample by 
sample, the sample sequence stored in the memory by 
a certain sample sequence obtained by sampling . and 
summing the results. The more accurately the sample 
sequence corresponds to the known format of the sig- 5 
nal, the higher the cross-correlation value. Signal auto- ■ 
correlation refers to trie result produced by the algorithm 
used for calculating the cross-correlation when the sig- 
nal is compared to itself. Fig. 2 shows the absolute 
value of the auto-correlatibn function of the phase refer- 10 
ence symbol in the DAB system. Locations on the hori- 
zontal axis represent the beginnings of the sample 
sequences and the vertical axis represents the numeri- 
cal value of the function. The figure shows that the sam- 
pling sequence the' number of which is approximately 75 
128 yields by far the highest correlation value, i.e. it has 
the best correspondence to the correct timing of the 
..sampling. 

In practice, it is not sensible to use the direct 
method described above to calculate cross-correlations 20 
that contain dozens of sample sequences to process 
but instead to use a method wherein the signal is sam- 
pled once and a complex Fourier transform is performed 
on the sequence of samples, thus taking the problem 
from the time domain to the frequency domain. The 25 
receiver gives the complex frequency spectrum pro- 
educed by tri^Fouri^rlfansfoTmlocation by location on a 
reference spectrum which is a complex conjugate of the 
frequency spectrum of the known format of the signal. 
By inverse-transforming the obtained result we get 30 
directly the curve for the correlation function, which in 
the case of auto-correlation conforms to Fig. 2. 

Fig. 3 shows the absolute value of an auto-correta- 
tioh function calculated from four consecutive symbols 
in the DVB system, wherein the signal part under exam- 35 
ination' consists ,of the sum of the pilot channels 
included in the symbols. The figure shows three succes- 
sive peaks with a time difference of one-third of an 
effective -symbql (by combining the scattered pilot chan- 
nels of four symbols we get a symbol for which it is 40 
known every third carrier wave). In order for the descrip- 
tion below and its algorithms to be similarly applicable 
both in, the DAB and in the DVB systems, we will exam- 
ine the pulse response curve of the DVB system in such 
a manner that we only take a certain band around the 45 
highest peak, which can be spread on the same hori- 
zontal axis scale as the DAB pulse response curve . 
shown in Fig. 2. 

Next it will be discussed how changing the radio 
channel characteristics affects the pulse response so 
curve shown in the manner according to Figs. 2 and 3. 
The maximum value of the pulse response curve at the, 
peak location representing the best correlation depends 
in principle on the signal path attenuation, i.e. the more 
the signal is attenuated on the way from the transmitter 55 
. . to the receiver, the lower the peak of the curve. In prac- 
tice, the automatic gain control (AGC) circuit of the 
receiver evens out the effect of the changing attenuation 



in the case of a unequivocal peak. If the signal propa- 
gates from the transmitter to the receiver via several 
parallel propagation paths which produce different prop- 
agation delays, the curve shows, instead of one peak, 
several peaks close to each other. Then, their relative 
heights are significant, because the highest peak corre- 
sponds to the propagation path on which the signal is 
attenuated the least. If the timing used by the receiver is 
changed, Le. the beginning of sampling is shifted with 
respect to the actual contents of the received signal, the 
peak representing the best correlation moves to the 
right or to the left on the horizontal axis. . 

Successive symbols in an OFDM modulated trans- 
mission are separated by so-called guard intervals that 
provide with their contents a characteristic useful from 
the point of view of the present invention: the interface 
between a guard interval and the symbol following it 
does not contain a phase discontinuity at any subcarrier 
frequency. So, regarding phase information, the con- 
tents of a guard interval are the same as those of the 
symbol following it. Figs. 4a and 4b show two timing sit- 
uations, wherein a certain symbol part S containing 
information and a guard interval A preceding it arrive in 
a receiver via three different routes, each of which pro- 
duces a delay unequal to the others. In Fig. 4a, the 
delays are almost the same, and the symbol echoes 
propagating via~routes 9~T0 - arid" 1 T ^arrive in Trier 
receiver almost simultaneously. In Fig. 4b, the . differ- 
ences between the delays are considerably bigger, and 
so the symbol echoes arriving via different routes arrive 
at different times. If the calculation method for a radio 
channel pulse response described above is applied in 
these timing situation^, the pulse response curve pro- 
duced by Fig. 4a is a single peak, only a little widened, 
whereas the curve produced by Fig. 4b shows clearly" 
three different peaks due to the fact that cross-correla- 
tion yields a relatively good result for each symbol echo 
arrived at a different time. 

The main purpose of the symbql synchronisation 
adjustment algorithm according to the invention is to 
maintain receiver timing in such a manner that the sig- . 
nHicant components of the pulse response fall withinthe 
period of time defined as the guard interval- in the 
receiver. The foundation of this purpose can be found by 
examining Figs. 4a and 4b. The receiver, which accord- 
ing to the invention makes the guard interval to begin 
from the moment at which the symbol echo that propa- 
gated via the fastest propagation path (in Figs. 4a and 
4b, the symbol of propagation path 9) causes a first sig- 
nificant correlation peak, starts to read the information 
contents proper of the symbol from the location where 
the information part S of that same (fastest) symbol 
echo begins. Echoes of the same symbol arriving via . 
other propagation paths (propagation paths 10 and 11) 
may at that point still contain guard intervals. However, 
as the phase contents of. the guard interval are the 
same as the phase contents of the symbol part contain- 
ing information and there are no frequency hops 
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between the guard interval A and the symbol part S, the 
timing wiD not . cause phase information crosstalk 
between successive symbols. If the receiver timed its 
operation in such a way that its notion about the guard 
interval would coincide with, say, the middlemost 
received symbol echo (in Figs. 4a and 4b, the symbol 
echo arriving via propagation path 10), it would also 
time the symbol information contents read procedure in 
such a way that it would coincide with the information 
part of the middlemost echo. Fig. 4b shows that at the 
end of this period of time there already arrives via the 
fastest propagation path a guard interval A* which 
belongs to the next symbol and may have a different 
phase content, thus resulting in an error in the informa- 
tion part read by the receiver. 

Formulated as a systematic algorithm, the symbol 
synchronization method according to the invention is . 
as shown in Fig. 5. In step 12 the receiver calculates the 
radio channel pulse response using the method 
described above or a corresponding method, in step 13 
it finds the pulse response maximum and stores its loca- 
tion and value. in a memory. In step 14 the receiver finds 
the earliest and the latest significant components of the 
pulse response by reading the pulse response curve 
both from the beginning and from the end to the middle. 
The receiver stores the locations of points in which the 
" value of the"pulse response curve is for the first time I 
certain fraction of the stored maximum, as read both 
from the beginning and from the end. Said fraction can 
be, say, 1/8 or other threshold value found suitable by 
experimentation. 

In step 15 the receiver performs a sliding extreme 
value search for two successive estimation rounds. This 
means that it compares the latest stored location of the 
first significant component of the pulse response with 
the location * of the corresponding component stored 
during the previous estimation round and chooses the 
earlier of these two locations as the beginning of the 
pulse response. Similarly, the receiver compares the lat- 
est detected end of the pulse response with the end 
detected in the.previous rourid and chooses the later, of 
these values. At the same time, however, it saves. the 
currently stored pulse response beginning and end for 
the comparison in the next round. The aim of said slid- 
ing extreme value search is to eliminate the effect of 
sudden disturbances. The receiver calculates the length 
of the pulse response by subtracting the location of the 
beginning from, the location of the end. It is. assumed 
here that the receiver knows how the scale of the hori- 
zontal axis of the graph of the pulse response corre- 
sponds to real time. 

Step 1 7 is performed if it is detected in the inference 
step 16 that the length of the pulse response calculated 
by the receiver is shorter than the length of the guard 
interval between OFDM symbols which is known to the 
receiver. The receiver chooses the beginning of the 
pulse response determined in the previous step as the 
beginning of the. guard interval to be used in the 
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received symbol interpretation. If the calculation shows 
that the length of the pulse response is greater than the 
length of the guard interval, the receiver performs the 
next step 18, wherein it sets the guard interval for the 

5 symbol interpretation such that the sum of the absolute 
values of the pulse response components left outside 
the guard interval is as small as possible. Finally, in step 
19, the receiver corrects the pulse response beginning 
and end estimates in its memory so that they corre- 

10 spond to the correction of guard interval location per- 
formed in step 1 7 or 1 8. The algorithm then returns to its 
starting point. 

To adjust the sampling frequency the method 
according to the invention includes a classification step, 

is in which the receiver examines how big changes there 
have occurred in the pulse response timing. ' Big 
changes are caused by radical changes in the radio 
channel, e.g. when new propagation paths appear or. 
old ones are lost. Small but repeated changes in the 

20 same direction are caused by the fact that the sampling 
frequency of the receiver is hot exactly as it should be. 
If the sampling frequency of the receiver is toohigh, the 
receiver will take an amount of samples corresponding 
to one symbol from a period of time which is shorter 

25 than a. true symbol. The receiver starts taking samples 
for the next symbol too early and the pulse response 
y maxlmuTri shifts^ to >~latet"poinT "Similarly; if tine - 
receiver's sampling frequency is too low, it will not have 
time to take an amount of samples corresponding to 

30 one symbol before the next symbol starts and the pulse 
response maximum shifts to an earlier point. : . 

Fig. 6 shows a flow chart of the algorithm for that 
part of the invention which adjusts the sampling fre- 
quency. In step 20 the receiver finds the location for the 

35 pulse response maximum (or reads it from memory if it 
* was stored in step 13 of Fig. 5) and calculates how 
much the maximum has moved with respect to the max- 
imum of the previous estimation round. The difference 
between the maximum locations is stored in memory. In 

40- step 21 the receiver sorts nine successive differences 
. according to their magnitude and selects the three mid- 
. dlemost ones. This procedure corresponds in a way to 
low pass filtering since therein the receiver assumes 
that the three biggest differences, in absolute values, at 

45 both extreme^ (positive and negative directions) corre- 
spond to the aforementioned "big changes", i.e. are 
caused by other reasons than a sampling frequency 
error. Here, we have chosen the f igures three and nine 
by experimentation, and the invention does not in fact 

so place any restriction as to how the examination is limited 
to small enough changes. In step 22 the receiver calcu- 
lates the. average fave") of the cfifferences it has 
selected. The relation of parameter "ave" to the time dif- 
ference between the moments of estimation for two 

55- pulse responses yields a ratio which gives the correc- 
tion to the sampling interval: Mathematically presented, 
the~ correction AT to the sampling interval length T is 
obtained as follows: ... 
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framejength ' 

where parameter framejength equals the.. time differ- 
ence between the estimation moments of two pulse 
responses. Its unit must be the same as that of param- 
eter "ave". The parameters are preferably expressed as 
multiples of the sampling interval. In step 23 of Fig. 6 the 
receiver calculates the correction to the sampling inter- 
val according to the equation above. The new sampling 
frequency equals the inverse value of the new sampling 
interval. 

The name of parameter framejength suggests that 
in a frame-based system, such as the DAB, the pulse 
response estimation and the sampling frequency cor- 
rection following it are preferably performed at intervals 
of one frame because there is at the beginning of each 
frame a phase reference symbol. In systems like the 
DVB, where information is not transmitted in frames, the 
length of parameter framejength can be freely chosen 
and it may even change accordinjg to the operating 
mode of the receiver. According to an advantageous 
embodiment, a DVB receiver checks whether it gets its 
operating voltage from a fixed electric network or from a 
portable power source. Afixed electric network means 
that the receiver is probably unmoving and the charac- 
teristics of the radio channel will change only slightly 
and, therefore, the pulse response estimation is not 
heeded very often. A DVB receiver with a portable 
power source may be moving and, therefore, the pulse 
response estimation and the symbol synchronisation 
and sampling frequency corrections following it should 
be performed more often. 

In DVB and other systems based on coherent 
detection, the symbol synchronisation and/or sampling 
frequency correction has art effect on the channel. esti- 
mate as well, so the receiver has tp take this change 
into account and compensate for it by adjusting the 
channel tuning. In systems like the DAB, there is at the 
beginning of each frame a phase reference after which 
the detection of the same frame is performed as differ- 
ential detection. This kind of reception arrangement 
automatically takes into account the channel estimate 
correction, as long as the corrections are made at the 
frame boundary. 

Fig. 7 shows schematically a digital OFDM receiver 
which can be applied to implement the method accord- 
ing to the invention. A radio-frequency part 24 is in 
accordance with the prior art and comprises signal 
reception and amplification elements. An A/D converter 
25 converts an analogue signal to a digital one and 
feeds it to the decoding and reproduction part 26 in 
order to decode the digital information and reproduce 
the program conveyed by it. An pulse response estima- 
tion block. 27 calculates a Fourier transform for a 
sequence of samples produced by the A/D converter, 
multiplies it by a complex conjugate of the Fourier .trans- 



form of the known signal read from the memory 28 and 
inverse-transforms the result, thus producing the pulse 
response curve. A location block 29 finds the maximum 
and the beginning and the end for the pulse response. A 

5 symbol synchronisation block 30 estimates the length of 
the pulse response and informs the A/D converter 25 
about the optimum location of the guard interval with 
respect to the pulse response and corrects the time 
indexes in the memory indicating the beginning and end 

10 of the pulse response so that they correspond to the 
new iocation of the guard interval. A sampling frequency 
adjustment block 31 chooses certain differences indi- 
cating the shift of the pulse response as the basis for a 
sampling frequency correction and sends a correction 

15 instruction to the A/D converter 25. All procedures 
described above are preferably implemented by pro- 
gramming them as instructions to be carried out by a 
microprocessor in a manner known to a person skilled 
in the art. 

20 The invention provides a practical and computation- 
ally relatively light method for adjusting the symbol syn- 
chronisation and sampling frequency in an OFDM 
receiver. The method according, to the invention can be 
implemented using a receiver apparatus based on corrh 

25 - mon components, so it js suitable for mass production at 
a cost level required for consumer electronics. 



30 1. A method for synchronising a receiver to ah OFDM 
signal transmitted on a radio channel, said signal 
comprising successive symbols separated by 
guard intervals, characterised in that it comprises 
steps wherein 

35 ' 

- the pulse response of the radio channel on 
which the receiver is receiving the OFDM sig- 
nal in question is determined (12), and • 

- a guard interval time is set (17;. 18) in the 
40 . reception in such a manner that it coincides 

with the most significant components of the 
pulse response corresponding tp one symbol 

The method of claim 1, characterised in that in 
order to set . the guard interval time it is examined 
(14) what is the length of the pulse response. with 
respect to the length of the guard interval. 

3. The method of claim 2, characterised in that in 
so order to determine the length of the pulse 
response, pulse .response beginning and end 
points obtained from two successive pulse 
response estimation rounds are compared to each 
other" and the earlier of the beginning points 
55 obtained from the two successive estimation 
rounds is chosen as the pulse response beginning 
point, and the later of the end points obtained from 
the two successive estimation rounds is chosen as 



Claims 



2. 

45 
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the pulse response end point. 

The method of claim 2, characterised in that it 
comprises as mutually exclusive alternatives, steps 
wherein . 5 



if the pulse response is shorter than the guard 
interval, the guard interval time is set (17) so 
that it begins at the beginning of the pulse 
response from the moment where the pulse 
response value. for the first time exceeds a cer- 
tain first threshold value, and 
if the pulse response is longer the guard inter- 
val, the guard interval time is set (18) with 
respect to the determined pulse response so 
that the sum of the absolute values of the pulse 
response components left outside the guard 
interval is as small as possible. 



w 



response which contains the most significant 
components of the pulse response. 

1 0. The receiver of claim 9, characterised in that it fur- 
ther comprises means (31) for determining the tem- 
poral shift of the pulse response occurring between 
different pulse response estimation rounds. 

11. The receiver of claim 10, characterised in that it 
comprises means (31) for changing the sampling 
frequency used by said A/D conversion circuit on 
the basis of. the calculated temporal shift of the 
pulse response. 
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5. The method of claim 1, characterised in that the 20 
. temporal shift of the pulse response between the 
pulse measurement rounds is measured' (20) and 
the receiver sampling frequency is corrected (23) 
on the basis of the measured shift, 

■ - * 2* 

.6. The method. of claim 5, characterised in that it fur- 
ther comprises a discrimination step (21) in order to . 
eliminate the pulse response shifts that have, the 
highest absolute values from the estimation aimed 
at correcting the sampling frequency. 30 

. 7. The.method of claim 6, characterised in that a cer- 
tain first quantity of successive measured pulse 
response shifts are stored and arranged in the 
order of magnitude, and a certain second quantity 35 
of shifts are selected from the middle of the result- 
ing sequence in order to correct the sampling fre- 
quency. - r 

8. The method of claim 7, characterised in that said 40 
. first quantity is nine and <said second quantity is 
three. 

9; A receiver for receiving a digital OFDM modulated 
transmission comprising symbols separated by 
guard intervals on a radio channel having a certain, 
variable pulse response, characterised in that it 
comprises 

means (27) for determining the instantaneous 
pulse response of the radio channel, 
a synchronisaWe. A/D conversion circuit (25), 
the operation of which includes cyclically 
repeated guard interval time and information . 
time, and 55 
- means (30) for driving said A/D conversion cir- 
cuit to a state in which said guard interval time 
covers that period in the calculated pulse 
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Correction of sampling frequency 
, according to detected change 
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